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METHOD FOR PERFORMING A DOMAIN 
TRANSFORMATION OF A DIGITAL SIGNAL 
FROM THE TIME DOMAIAIN INTO THE 
FREQUENCY DOMAIN AND VICE VERSA 

CROSS REFERENCE TO RELATED 
APPLICATIONS 

[0001] This application claims the bene?t of priority of 
US. Provisional Application No. 60/507,210, ?led 29 Sep. 
2003, and US. Provisional Application No. 60/507,440, 
?led 29 Sep. 2003, the contents of each being hereby 
incorporated by reference in its entirety for all purposes. 

[0002] Further, the following commonly-oWned applica 
tions are concurrently-?led hereWith, and herein incorpo 
rated in its entirety: 

[0003] “Method for Transforming a Digital Signal form 
the Time Domain into the Frequency Domain and Vice 
Versa,” Atty. Docket no. P100444, and 

[0004] “Process and Device for Determining a Trans 
forming Element for a Given Transformation Function, 
Method and Device for Transforming a Digital Signal 
from the Time Domain into the Frequency Domain and 
vice versa and Computer Readable Medium,” Atty. 
Docket No. P100452. 

BACKGROUND 

[0005] This invention relates generally to digital signal 
processing, and in particular to systems and methods for 
performing domain transformations of digitally-formatted 
signals. 

[0006] Domain transformations, for example the discrete 
cosine transform (DCT), are Widely used in modern signal 
processing industry. Recently, a variant of the DCT, called 
integer DCT, has attracted a lot of re-search interests 
because of its important role in lossless coding applications. 
The term “lossless” means that the decoder can generate an 
exact copy of the source signal from the encoded bit-stream. 

[0007] The DCT is a real-valued block transform. Even if 
the input block consists only of integers, the output block of 
the DCT can comprise non-integer components. For conve 
nience, the input block is referred to as input vector and the 
output block as output vector. If a vector comprises only 
integer components, it is called an integer vector. In contrast 
to the DCT, the integer DCT generates an integer output 
vector from an integer input vector. For the same integer 
input vector, the integer output vector of integer DCT 
closely approximates the real output vector of DCT. Thus the 
integer DCT keeps all the good properties of the DCT in 
spectrum analysis. 

[0008] An important property of the integer DCT is 
reversibility. Reversibility means that there exists an integer 
inverse DCT (IDCT) so that if the integer DCT generates an 
output vector y from an input vector x, the integer IDCT can 
recover the vector x from the vector y. Sometimes the 
integer DCT is also referred to as the forWard transform, and 
the integer IDCT as the backWard or inverse transform. 

[0009] A transform called integer modi?ed discrete cosine 
transform (IntMDCT) is recently proposed and used in the 
ISO/IEC MPEG-4 audio compression. The IntMDCT can be 
derived from its prototypeithe modi?ed discrete cosine 
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transform (MDCT). The disclosure by H. S. Malvar in 
“Signal Processing With Lapped Transforms” Artech House, 
1992 provides an efficient realiZation of MDCT by cascad 
ing a bank of Givens rotations With a DCT-IV block. It is 
Well knoWn that Givens rotation can be factorised into three 
lifting steps for mapping integers to integers. See e.g., R. 
Geiger, T. Sporer, J. Koller, K. Brandenburg, “Audio Coding 
based on Integer Transforms” AES 111th Convention, NeW 
York, USA, September 2001. Integer transforms can be 
directly converted from their prototypes by replacing each 
Givens rotation With three lifting steps. Because in each 
lifting step there is one rounding operation, the total round 
ing number of an integer transform is three times the Givens 
rotation number of the prototype transform. For discrete 
trigonometric transforms (for example the Discrete Fourier 
Transform (DFT) or the Discrete Cosine Transform (DCT)), 
the number of Givens rotations involved is usually at N 
log2N level, Where N is the siZe of the blocks, i.e. the amount 
of data symbols included in each block, the digital signal is 
divided into. Accordingly, the total rounding number is also 
at N log2N level for the family of directly converted integer 
transforms. Because of the roundings, an integer transform 
only approximates its ?oating-point prototype. The approxi 
mation error increases With the number of roundings. 

[0010] What is therefore needed is a method and system 
implementation for performing domain transformations 
using feWer rounding operations, thereby resulting in more 
accurate and less computationally intensive transformations. 

SUMMARY OF THE INVENTION 

[0011] The invention solves the problem of providing a 
method for performing a domain transformation of a digital 
signal from the time domain into the frequency domain and 
vice versa Which comprises a signi?cantly reduced number 
of rounding operations. 

[0012] In one embodiment of the invention, a method for 
performing a domain transformation of a digital signal from 
the time domain into the frequency domain and vice versa 
includes performing the transformation by a transforming 
element Which includes a plurality of lifting stages, Wherein 
the transformation corresponds to a transformation matrix. 
At least one lifting stage includes at least one auxiliary 
transformation matrix, Which is the transformation matrix 
itself or the respective transformation matrix of loWer 
dimension. Further, each lifting stage includes a rounding 
unit. The method further includes processing the signal by 
the respective rounding unit after the transformation by the 
respective auxiliary transformation matrix. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0013] FIG. 1 shoWs the architecture of an audio encoder 
according to an embodiment of the invention; 

[0014] FIG. 2 shoWs the architecture of an audio decoder 
according to an embodiment of the invention, Which corre 
sponds to the audio coder shoWn in FIG. 1; 

[0015] FIG. 3 shoWs a How chart ofan embodiment ofthe 
method according to the invention; 

[0016] FIG. 4 illustrates an embodiment of the method 
according to the invention using DCT-IV as the transforma 
tion function; 
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[0017] FIG. 5 illustrates the algorithm for the reverse 
transformation according to the embodiment of the method 
according to the invention illustrated in FIG. 4; 

[0018] FIG. 6 shoWs a How chart of an embodiment of the 
method according to the invention; 

[0019] FIG. 7 illustrates an embodiment of the method 
according to the invention using DCT-IV as the transforma 
tion function; 

[0020] FIG. 8 illustrates the algorithm for the reverse 
transformation according to the embodiment of the method 
according to the invention illustrated in FIG. 7; 

[0021] FIG. 9 shoWs the architecture for an image 
archiving system according to an embodiment of the inven 
tion; 
[0022] FIG. 10 illustrates an embodiment of the method 
according to the invention using DWT-IV as the transfor 
mation function; 

[0023] FIG. 11 illustrates the algorithm for the reverse 
transformation according to the embodiment of the method 
according to the invention illustrated in FIG. 10; 

[0024] FIG. 12 illustrates a method for performing a 
domain transformation of a digital signal in accordance With 
one embodiment of the invention; 

[0025] FIG. 13 shoWs forWard and reverse transform cod 
ers used to assess the transform accuracy of presented DCT 
and PET transformation methods in accordance With the 
present invention. 

DETAILED DESCRIPTION OF SPECIFIC 
EMBODIMENTS 

[0026] FIG. 12 illustrates a method for performing a 
domain transformation of a digital signal in accordance With 
one embodiment of the present invention. Initially at 1210, 
a transformation of the digital signal is performed by a 
transforming element comprising a plurality of lifting 
stages. The transformation corresponds to a transformation 
matrix Wherein at least one of the lifting stages comprises an 
auxiliary transformation matrix and a rounding unit, the 
auxiliary matrix comprising the transformation matrix itself 
of the corresponding transformation matrix of loWer dimen 
sion. Exemplary embodiments of the process 1210 and 
domain transformation Which can be used in the domain 
transformation are further described beloW. 

[0027] Next at 1220, a rounding operation of the signal is 
performed by the rounding unit after the transformation by 
the auxiliary matrix. 

[0028] According to preferred embodiments of the method 
according to the invention, the data symbols of the digital 
signal are provided to the transforming element as a data 
vector. In each lifting stage, the data vector or a part of the 
data vector is transformed by a domain transformer, and the 
result of the transformation is rounded subsequently to an 
integer vector. This is in contrast to any method according to 
the state of the art, Wherein the rounding process is per 
formed Within the transformation process for the individual 
element or data symbol in each block of the digital signal. 
Thus, the number of rounding operations in the method 
according to the invention is greatly reduced. Due to the 
reduced number of rounding operations, the method accord 
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ing to the invention does not require large computation time 
and computer resource. Further, the approximation error of 
integer domain transformations can be signi?cantly reduced. 

[0029] In a preferred embodiment, the invention provides 
a method for realiZing the integer type-IV DCT transforma 
tion. The method according to the invention requires a 
signi?cantly reduced number of rounding operations com 
pared to prior art methods. As a result, the approximation 
error is greatly reduced, in the case of DCT-IV it can be 
reduced from the usual N log2N level to be as loW as 1.5N 
in one embodiment and as loW as 2.5N in another embodi 
ment, Where N denotes the block siZe of the digital signal. 
The method according to the invention is loW in computa 
tional complexity and modular in structure. 

[0030] The method and the device according to the inven 
tion can be used for any types of digital signals, such as 
audio, image or video signals. The digital signal, Which is a 
digitised signal, corresponds to a physical measured signal, 
may be generated by scanning at least one characteristic 
feature of a corresponding analog signal (for example, the 
luminance and chrominance values of a video signal, the 
amplitude of an analog sound signal, or the analog sensing 
signal from a sensor). The digital signal comprises a plu 
rality of data symbols. The data symbols of the digital signal 
are grouped into blocks, With each block having the same 
prede?ned number of data symbols based on the sampling 
rate of the corresponding analog signal. 

[0031] The method according to the invention can be used 
for transforming an input digital signal Which represents 
integer values to an output signal Which also represents 
integer values. The transformation method according to the 
invention is reversible. The output signal may be trans 
formed back to the original input signal by performing the 
transformation method according to the invention. Such a 
reversibility property of the transformation according to the 
method of the invention can be used in lossless coding in 
Which the output signal should be identical to the original 
input signal. 
[0032] Such an integer transformation of signals accord 
ing to the invention can be used in many applications and 
systems such as MPEG audio, image and video compres 
sion, JPEG2000 or spectral analyZers (for analyZing Infra 
red, Ultra-violet or Nuclear Magnetic Radiation signals). It 
can also be easily implemented in hardWare systems such as 
in a ?xed-point Digital Signal Processor (DSP), Without 
having to consider factors such as over?oW in the case of a 
real-value signal transformation. 

[0033] A preferred embodiment of the invention described 
beloW is suitable for both mono and stereo applications. In 
mono applications, tWo consecutive blocks of samples are 
grouped and processed together. This introduces signal 
delay of one block length When compared to single-block 
processing. HoWever, in stereo applications, this extra block 
delay can be prevented, if simultaneous sample blocks from 
the left and the right channel are grouped and processed 
together. 

[0034] According to the method according to the inven 
tion, the digital signal is transformed to the frequency 
domain by a transforming element. 

[0035] Preferably, the transforming element comprises a 
plurality of lifting stages. 
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[0036] The transforming element can be illustrated based 
on the model of a lifting ladder. The lifting ladder model has 
tWo side pieces, each for receiving one of tWo groups of data 
symbols. TWo or more cascading lifting stages are provided 
betWeen the tWo side pieces. Each lifting stage receives a 
signal at one end (input end), and outputs a signal at the 
other end (output end) via a summation unit. A rounding unit 
is arranged at the output end. The lifting stages are arranged 
betWeen the side pieces in an alternating manner, such that 
the output (or input) ends of adjacent lifting stages are 
connected to the different side pieces. 

[0037] It should be noted that although the transforming 
element is described in the form of the lifting ladder model, 
it is only to illustrate the transformation paths of the trans 
forming element. HoWever, the invention shall not be lim 
ited to said ladder model. 

[0038] Discrete cosine transforms, discrete sine trans 
forms, discrete Fourier transforms or discrete W transforms 
are examples of transformations that may be performed by 
the method according to the invention. 

[0039] In one aspect of the invention, each lifting stage 
corresponds to a lifting matrix Which is a block-triangular 
matrix comprising four sub-matrices, With tWo invertible 
integer matrices in one diagonal. An example of a lifting 
matrix is: 

m0 

1% 
(1) 

Wherein CNIV is the transformation function matrix, in this 
case the DCT-IV transformation matrix, and PlN and P2N 
are permutation matrices. A permutation matrix is a matrix 
Which changes the position of the elements in another 
matrix. The permutation matrices may also be identical. The 
invertible integer matrices may also be arranged in the 
lifting matrix in another Way, for example as 

0 M (2) 

[0040] Preferably, the invertible integer matrices are 
diagonal matrices Which comprise only components Which 
are one or minus one. 

[0041] FIG. 1 shoWs the architecture of an audio encoder 
100 according to an embodiment of the invention. The audio 
encoder 100 comprises a conventional perceptual base layer 
coder based on the modi?ed discrete cosine transform 
(MDCT) and a lossless enhancement coder based on the 
integer modi?ed discrete cosine transform (lntMDCT). 

[0042] An audio signal 109 Which, for instance, is pro 
vided by a microphone 110 and Which is digitalized by a 
analog-to-digital converter 111 is provided to the audio 
encoder 100. The audio signal 109 comprises a plurality of 
data symbols. The audio signal 109 is divided into a plurality 
of blocks, Wherein each block comprises a plurality of data 
symbols of the digital signal and each block is transformed 
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by a modi?ed discrete cosine transform (MDCT) device 
101. The MDCT coef?cients are quantized by a quantizer 
103 With the help of a perceptual model 102. The perceptual 
model controls the quantizer 103 in such a Way that the 
audible distortions resulting from the quantization error are 
loW. The quantized MDCT coef?cients are subsequently 
encoded by a bitstream encoder 104 Which produces the 
lossy perceptually coded output bitstream 112. 

[0043] The bitstream encoder 104 losslessly compresses 
its input to produce an output Which has a loWer average 
bit-rate than its input by standard methods such as Huffman 
Coding or Run-Length-Coding. The input audio signal 109 
is also fed into an lntMDCT device 105 Which produces 
lntMDCT coef?cients. The quantized MDCT coef?cients, 
Which are the output of the quantizer 103, are used to predict 
the lntMDCT coef?cients. The quantized MDCT coeffi 
cients are fed into an inverse quantizer 106 and the output 
(restored or non-quantized MDCT coef?cients) is fed into a 
rounding unit 107. 

[0044] The rounding unit rounds to an integer value 
MDCT coef?cients, and the residual lntMDCT coef?cients, 
Which are the difference betWeen the integer value MDCT 
and the lntMDCT coef?cients, are entropy coded by an 
entropy coder 108. The entropy encoder, analogous to the 
bitstream encoder 104, losslessly reduces the average bit 
rate of its input and produces a lossless enhancement bit 
stream 113. The lossless enhancement bit stream 113 
together With the perceptually coded bitstream 112, carries 
the necessary information to reconstruct the input audio 
signal 109 With minimal error. 

[0045] FIG. 2 shoWs the architecture of an audio decoder 
200 comprising an embodiment of the invention, Which 
corresponds to the audio coder 100 shoWn in FIG. 1. The 
perceptually coded bitstream 207 is supplied to a bitstream 
decoder 201, Which performs the inverse operations to the 
operations of the bitstream encoder 104 of FIG. 1, producing 
a decoded bitstream. The decoded bitstream is supplied to an 
inverse quantizer 202, the output of Which (restored MDCT 
coef?cients) is supplied to the inverse MDCT device 203. 
Thus, the reconstructed perceptually coded audio signal 209 
is obtained. 

[0046] The lossless enhancement bitstream 208 is sup 
plied to an entropy decoder 204, Which performs the inverse 
operations to the operations of the entropy encoder 108 of 
FIG. 1 and Which produces the corresponding residual 
lntMDCT coef?cients. The output of the inverse quantizer 
202 is rounded by a rounding device 205 to produce integer 
value MDCT coef?cients. The integer value MDCT coeffi 
cients are added to the residual lntMDCT coef?cients, thus 
producing the lntMDCT coef?cients. Finally, the inverse 
lntMDCT is applied to the lntMDCT coef?cients by an 
inverse lntMDCT device 206 to produce the reconstructed 
losslessly coded audio signal 210. 

[0047] FIG. 3 shoWs a How chart 300 of an embodiment 
of the method according to the invention using the DCT-IV 
as a transformation and using three lifting stages, a ?rst 
lifting stage 301, a second lifting stage 302 and a third lifting 
stage 303. This method is preferably used in the lntMDCT 
device 105 of FIG. 1 and the inverse lntMDCT device 206 
of FIG. 2 to implement lntMDCT and inverse lntMDCT, 
respectively. In FIG. 3, x1 and x2 are ?rst and second blocks 
of the digital signal, respectively. z is an intermediate signal, 
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and y1 and y2 are output signals corresponding to the ?rst 
and second block of the digital signal, respectively. 

[0048] As explained above, the DCT-lV-algorithm plays 
an important role in lossless audio coding. 

[0049] The transformation function of the DCT-IV com 
prises the transformation matrix CNIV. According to this 
embodiment of the invention, the transforming element 
corresponds to a block-diagonal matrix comprising tWo 
blocks, Wherein each block comprises the transformation 
matrix CNIV. 

[0050] So, in this embodiment, the matrix corresponding 
to the transforming element is: 

(3) IV CN 
IV Ci 

[0051] CNW shall in the context of this embodiment be 
referred to as the transformation matrix henceforth. 

[0052] The number of lifting matrices, and hence the 
number of lifting stages in the transformation element, in 
this embodiment of the invention, Wherein DCT-IV is the 
transformation function, is three. 

[0053] The DCT-IV of an N-point real input sequence x(n) 
is de?ned as folloWs: 

(4) 

[0054] Let CNIV be the transformation matrix of DCT-IV, 
that is 

[0055] The folloWing relation holds for the inverse DCT 
IV matrix: 

[0056] with X=[X(n)]n=O, 1, _ _ _ , N-l and y=[y(m)]rn=O, 1, . . 

. , N-l, equation (4) can be expressed as 

Y=CNIVX (7) 

[0057] NoW, let x1, x2 be tWo integer N><l column vectors. 
The column vectors x1, x2 correspond to tWo blocks of the 
digital signal Which, according to the invention, are trans 
formed by one transforming element. The DCT-IV trans 
forms of x1, x2 are yl, y2, respectively. 
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[0058] Combining (8) and (9): 

h a (10) l bl 
[0059] The above diagonal matrix is the block-diagonal 
matrix that the transforming element corresponds to. 

[0060] It is Within the scope of the invention if the above 
equation is changed by simple algebraic modi?cations like 
the one leading to 

h 

& 

[0061] Let T2N be the counter diagonal matrix in (l 1), that 
is 

IV QM 
IV CN 

IV CN ,2 (11) 

bl 

(12) 

[0062] The matrix T2N can be factorised as folloWs: 

IV CN 1i ] (13) 
L'NVIT 

Where IN is the N><N identity matrix. 

[0063] Equation (13) can be easily veri?ed using the 
DCT-IV property in (7). Using (13), Equation (11) can be 
expressed as 

[0064] The three lifting matrices in equation (14) corre 
spond to the three lifting stages shoWn in FIG. 3. Each lifting 
matrix in (14) comprises the auxiliary matrix CNIV, Which is 
the transformation matrix itself. 

Ill 

[0065] From (14), the folloWing integer DCT-IV algorithm 
that computes tWo integer DCT-lVs With one transforming 
element is derived. 

[0066] FIG. 4 illustrates the embodiment of the method 
according to the invention using DCT-IV as the transforma 
tion function. This embodiment is used in the audio coder 
100 shoWn in FIG. 1 for implementing lntMDCT. Like in 
FIG. 3, x1 and x2 are tWo blocks of the input digital signal, 
Z is an intermediate signal, and y1 and y2 are corresponding 
blocks of the output signal. 
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[0067] The three lifting stages illustrated in FIG. 4 corre 
spond to the three lifting matrices in equation (14). 

[0068] As illustrated by FIG. 4, the time to frequency 
domain integer transform is determined by the folloWing: 

[0069] In the ?rst stage 401, x2 is transformed by a 
DCT-IV transformation 402 and the DCT-IV coef?cients are 
rounded 403. The rounded DCT-IV coef?cients are then 
added to X1 404. Thus, the intermediate signal Z is generated. 
So, the intermediate signal Z ful?ls the equation: 

[0070] In the second stage 405, Z is transformed by a 
DCT-IV transformation 406 and the DCT-IV coef?cients are 
rounded 407. From the rounded DCT-IV coef?cients x1 is 
then subtracted. Thus, the output signal yl is generated. So, 
the output signal yl ful?ls the equation: 

[0071] In the third stage 409, yl is transformed by a 
DCT-IV transformation 410 and the DCT-IV coef?cients are 
rounded 411. The rounded DCT-IV coef?cients are then 
subtracted from Z. Thus, the output signal y2 is generated. 
So, the output signal y2 ful?ls the equation: 

Where denotes rounding operation. 

[0072] FIG. 5 illustrates the algorithm for the reverse 
transformation according to an embodiment of the method 
according to the invention using DCT-IV as the transforma 
tion function. This embodiment is used in the audio decoder 
200 shoWn in FIG. 2 for implementing inverse IntMDCT. 
The algorithm illustrated in FIG. 5 is the inverse of the 
algorithm illustrated in FIG. 4. The denotations for the 
different signals yl, y2, x1, x2 and Z are chosen correspond 
ing to the denotations of FIG. 4. 

[0073] As illustrated by FIG. 5, the frequency to time 
domain integer transform is determined by the folloWing: 

[0074] In the ?rst stage 501, yl is transformed by a 
DCT-IV transformation 502 and the DCT-IV coef?cients are 
rounded 503. The rounded DCT-IV coef?cients are then 
added to y2 504. Thus, the intermediate signal Z is generated. 
So, the intermediate signal Z ful?ls the equation: 

[0075] In the second stage 505, Z is transformed by a 
DCT-IV transformation 506 and the DCT-IV coef?cients are 
rounded 507. From the rounded DCT-IV coef?cients yl is 
then subtracted. Thus, the signal x2 is generated. So, the 
signal x2 ful?ls the equation: 

x2=|.CNIVZl-y1 (16b) 

[0076] In the third stage 509, x2 is transformed by a 
DCT-IV transformation 510 and the DCT-IV coef?cients are 
rounded 511. The rounded DCT-IV coef?cients are then 
subtracted from Z. Thus, the signal x1 is generated. So, the 
signal xl ful?ls the equation: 

[0077] It can be seen that the algorithm according to the 
equations (16a) to (16c) is inverse to the algorithm accord 
ing to the equations (15a) to (15c). Thus, if used in the 
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encoder and decoder illustrated in FIGS. 1 and 2, the 
algorithms provide a method and an apparatus for lossless 
audio coding. 

[0078] The equations (15a) to (15c) and (16a) to (16c) 
further shoW that to compute tWo N><N integer DCT-IVs, 
three N><N DCT-IVs, three N><l roundings, and three N><l 
additions are needed. Therefore, for one N><N integer DCT 
IV, the average is: 

RC(N)=1.5N (17) 

AC(N)=1.5AC(CNIV)+1.5N (18) 

Where RC(.) is the total rounding number, and AC(.) is the 
total number of arithmetic operations. Compared to the 
directly converted integer DCT-IV algorithms, the proposed 
integer DCT-IV algorithm reduces RC from level N log2N to 
N. 

[0079] As indicated by (18), the arithmetic complexity of 
the proposed integer DCT-IV algorithm is about 50 percent 
more than that of a DCT-IV algorithm. HoWever, if RC is 
also considered, the combined complexity (AC+RC) of the 
proposed algorithm does not much exceed that of the 
directly converted integer algorithms. Exact analysis of the 
algorithm complexity depends on the DCT-IV algorithm 
used. 

[0080] As shoWn in FIGS. 4 and 5, the proposed integer 
DCT-IV algorithm is simple and modular in structure. It can 
use any existing DCT-IV algorithms in its DCT-IV compu 
tation block. The proposed algorithm is suitable for appli 
cations that require IntMDCT, eg in the MPEG-4 audio 
extension 3 reference model 0. 

[0081] FIG. 6 shoWs a How chart 600 of an embodiment 
of the method according to the invention using ?ve lifting 
stages, a ?rst lifting stage 601, a second lifting stage 602, a 
third lifting stage 603, a fourth lifting stage 604 and a ?fth 
lifting stage 605. This method can be used in the IntMDCT 
device 105 of FIG. 1 and the inverse IntMDCT device 206 
of FIG. 2 to implement IntMDCT and inverse IntMDCT, 
respectively. In FIG. 6, x1 and x2 are ?rst and second blocks 
of the digital signal, respectively. Z1, Z2, Z3 are intermediate 
signals, and y l and y2 are output signals corresponding to the 
?rst and second block of the digital signal, respectively. 

[0082] FIG. 7 shoWs a How chart of an embodiment of the 
method according to the invention, Wherein the transforma 
tion function is a DCT-IV transformation function. 

[0083] The DCT-IV matrix CNIV (see equation (5)) can be 
factorised as 

CNIV=RPOTPeO (20) 
Where P60 is an even-odd matrix, i.e., a permutation matrix 
reordering the components of the vector 

by separating the components Which correspond to even 
indices from the components Which correspond to odd 
indices, i.e., such that 
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)61(0) (21) 

Where further 

Ii -DN/2 & Q2 (22) 
I = T1 T2 T3 = ' ' 

L Ii Ii 5i Ii 

With 

n = —(C'~V/2D~Q+ (512% (23> 

K cm (24) 
i = — 

\E 

& = ?C/Iv/nDA/Q + 1i (25) 

and 

Iii [All ,Hi IiNQ (26) 
R = R1 1221i3 = . . 
i "1 1M2 !M L1; Ii 

(N - 1 )7r (27) 
— an 

SN 

*1 = $ = 3n 
_t _ a“81v 

t 7T 

a“81v 
and 

. l (28) 
S1I14N 

, 3n 

& = sin 4N 

, (N - l)7r 

Sln [0084] Equation (20) can be further Written as 

g'Nv = R1 R2; in P... (19> 

Where 

IN/2 (30) 
S _ R3T _ 

1 H3 "Q Ii 

[0085] The transforming element used in the embodiment 
illustrated in FIG. 7 corresponds to the equation (29). Each 
lifting matrix S, T2 and T3 in (29) comprises the auxiliary 
matrix CNQW, Which is the transformation matrix itself. 
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[0086] The transforming element comprises ?ve lifting 
stages Which correspond to the ?ve lifting matrices of 
equation (29). 

[0087] Further, the transforming element comprises a data 
shu?ling stage corresponding to the permutation matrix Peg. 

[0088] In FIG. 7, the input of the ?rst lifting stage are the 
tWo blocks of the digital signal x1 and x2, Z1, Z2 and Z3 are 
intermediate signals and y1 and y2 are output signals corre 
sponding to the ?rst and second block of the digital signal, 
respectively. 

[0089] The input of the transforming element x and the 
tWo input blocks of the ?rst lifting stage of the transforming 
element x1 and x2 ful?l the equation 

(31) 

[0090] In the folloWing, the ?rst lifting stage 701 is 
explained, Which is the lifting stage corresponding to the 
lifting matrix T3. 

[0091] Let 

be the output vector of the ?rst lifting stage, for the time 
being Without rounding to integer values, i.e. 

[0092] Using the de?nition of T3 provided by equation 
(22), equation (29) is re-Written as 

(33) 

a a 2 b2 @ [if l5 @ 

Where 

denotes the identity matrix of dimension N/2. 

[0093] Since in this embodiment, a reversible algorithm 
for integer DCT-IV in this provided, there is included a 
rounding to integer values. So, according to equation (30), 
in the ?rst step 706 of the ?rst lifting stage 701, x1 is 
multiplied by K3. The result of this multiplication is rounded 
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to integer values in step 707. The rounded values are then 
added to x2 in step 708. Thus, the intermediate signal Zl 
ful?ls the equation 

Z1=lK3'x1l+x2 (34) 
Where denotes rounding operation. 

[0094] Since the other four lifting stages 702, 703, 704, 
705 of the transforming element illustrated in FIG. 7, Which 
correspond to the matrices T2, S, R2 and R1 respectively, 
have identical structures as the ?rst lifting stage 701, their 
explanation is omitted. It only has to be noted that in the 
adding step 709 of the second lifting step 702, x1 is, 
according to the de?nition of T2, multiplied With —DN/2. 

[0095] In the folloWing, the lifting stages of the transform 
ing element of the reverse transformation are explained With 
reference to FIG. 8. 

[0096] FIG. 8 illustrates the lifting stages of the transform 
ing element for the reverse transformation of the transfor 
mation illustrated in FIG. 7. 

[0097] In FIG. 8, the input of the ?rst lifting stage are the 
tWo blocks of the digital signal yl and y2, Z1, Z2 and Z3 are 
intermediate signals and x1 and x2 are output signals corre 
sponding to the ?rst and second block of the digital signal, 
respectively. 
[0098] The last lifting stage 805 illustrated in FIG. 8 is 
inverse to the ?rst lifting stage 701 illustrated in FIG. 7. So, 
in the ?rst step 806 of the last lifting stage 805, x1 is 
multiplied by K3. The result of this multiplication is rounded 
to integer values in step 807. The rounded values are then 
subtracted from Zl in step 808. Thus, the signal x2 ful?ls the 
equation 

Where denotes rounding operation. 

[0099] Since the other four lifting stages 801, 802, 803, 
804 of the transforming element illustrated in FIG. 8, Which 
are inverse to the lifting stages 705, 704, 703 and 702 of the 
transforming element illustrated in FIG. 7 respectively, have 
identical structures as the last lifting stage 805, their expla 
nation is omitted. It only has to be noted that after-the 
adding step 809 of the fourth lifting step 804, the result of 
the adding step 809 is multiplied With —DN/2 to produce x1. 

[0100] It can be seen that the lifting stages 805, 804, 803, 
802 and 801 of FIG. 8 are inverse to the lifting stages 701 
to 705 of FIG. 7, respectively. Since also the permutation of 
the input signal corresponding to the matrix Pe0 can be 
reversed and an according data shuf?ing stage is comprised 
by the inverse transforming element, the provided method is 
reversible, thus, if used in the audio encoder 100 and the 
audio decoder 200 illustrated in FIGS. 1 and 2, providing a 
method and an apparatus for lossless audio coding. 

[0101] An analysis of the number of roundings used in this 
embodiment is given at the end of the description of the 
invention. 

[0102] FIG. 9 shoWs the architecture for an image 
archiving system according to an embodiment of the inven 
tion. 

[0103] In FIG. 9 an image source 901, for instance a 
camera, provides an analog image signal. The image signal 
is processed by a analog-to-digital converter 902 to provide 
a corresponding digital image signal. The digital image 
signal is losslessy encoded by a lossless image encoder 903 
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Which includes a transformation from the time domain to the 
frequency domain. In this embodiment, the time domain 
corresponds to the coordinate space of the image. The 
lossless coded image signal is stored in a storage device 904, 
for example a hard disk or a DVD. When the image is 
needed, the losslessly coded image signal is fetched from the 
storage device 904 and provided to a lossless image decoder 
905 Which decodes the losslessly coded image signal and 
reconstructs the original image signal Without any data loss. 

[0104] Such lossless archiving of image signals is impor 
tant, for example, in the case that the images are error maps 
of semiconductor Wafers and have to be stored for later 
analysis. 
[0105] In the folloWing, a further embodiment of the 
method for the transformation of a digital signal from the 
time domain to the frequency domain and vice versa accord 
ing to the invention is explained. This embodiment is 
preferably used in the lossless image encoder 903 and the 
lossless image decoder 905 of the image archiving system 
illustrated in FIG. 9. 

[0106] FIG. 10 illustrates an embodiment of the method 
according to the invention using DWT-IV as the transfor 
mation function. 

[0107] The DWT-IV of a N-point real input sequence x(n) 
is de?ned as folloWs: 

(36) 

[0108] The transformation matrix WNIV of DWT-IV is 
given by 

(37) 

[0109] The DWT-IV matrix is factorised into the folloW 
ing form: 

WNIV=RNTNPN (38) 
[0110] RN is a N><N rotation matrix de?ned as 

1 ill/L lN/Z (39) 
R = — 

TM \/2_ —JNQ IN/2 

[0111] IN/2 is the identity matrix of order N/2. JN/2 is the 
counter identity matrix of order N/2, i.e., 

l (40) 
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[0112] PN is a N><N permutation matrix 

Ii (41) 
Pl: 1i] 

[0113] T is a N><N matrix given by 

1 % -%2 (41> 
I: 

Where CN/ZIV is the DCT-IV matrix of order N/2, i.e., a 
corresponding transformation matrix of loWer dimension. 

[0114] DN/2 is an order N/2 diagonal matrix given by 

1 (44) 

[0115] RN and T can further be factorised into a product of 
lifting matrices: 

Ii DMZ & Ii (45) 
I = T1 T2T3 = ' ' 

L Ii Ii & Ii 

Where 

Q = (‘51% - glv/zDN/zEil/z? 

_gl/i K 
= — 3 

\E W 

= ‘5%2DM - Ii’ 

and 

Ill 112 i ll (46) 
RJ = B1R2R3 = ' 

1 Ii Ii i [in 

Where 

i = $ (47) 

= —tan(7r/ 8) - J/v/Z 

—O.4l4 

—O.4l4 

and 
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-continued 
0.707 (48) 

0.707 
i : sin(7r/4)-?/Q : 

0.707 

[0116] Thus, equation (38) can be Written in the form 

CNIV=RlR2R3TlT2T3PN (49) 

[0117] The lifting matrices R3 and T1 can be aggregated to 
the lifting matrix S: 

Mn (50) 

[0118] From (49) and (50), the folloWing factorisation 
formula for the DWT-IV matrix can be obtained: 

[0119] Equation (51) indicates that a transforming element 
for the integer DWT-IV transform can be used Which 
comprises ?ve lifting stages. Each lifting matrix S, T2 and T3 
in (51) comprises the auxiliary matrix CN/ZIV Which is the 
transformation matrix itself. 

[0120] Further, the transforming element comprises a data 
shu?ling stage corresponding to the permutation matrix PN. 
The data shuf?ing stage rearranges the components order in 
each input data block. According to PN, the input data vector 
is rearranged in the folloWing Way: the ?rst half of vector 
remains unchanged; the second half of vector is ?ipped, i.e.: 

X1 X1 (52) 

x2 x2 

BM : PA xN/Z : xN/Z 
xN/2+l X/\/ 

I X N i 1 

xNil ' 

XN xN/2+l 

[0121] In FIG. 10, the input of the ?rst lifting stage are the 
tWo blocks of the digital signal x1 and x2, Z1, Z2 and Z3 are 
intermediate signals and y1 and y2 are output signals corre 
sponding to the ?rst and second block of the digital signal, 
respectively. 

[0122] The input of the transforming element x and the 
tWo input blocks of the ?rst lifting stage of the transforming 
element x1 and x2 ful?l the equation 

X1 (53) H21» 
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[0123] In the following, the ?rst lifting stage 1001 is 
explained, Which is the lifting stage corresponding to the 
lifting matrix T3. 

[0124] Let 

* IS \S a 
be the output vector of the ?rst lifting stage, for the time 
being Without rounding to integer values, i.e. 

I [4 
[0125] Using the de?nition of T3 provided by equation 
(45), equation (51) is re-Written as 

[5 ] (54) 
IS \S 

Iii 

(55) 

[0126] Since in this embodiment, a reversible algorithm 
for integer DWT-IV in this provided, there is included a 
rounding to integer values. So, according to equation (55), 
in the ?rst step 1006 of the ?rst lifting stage 1001, X1 is 
multiplied by K3. The result of this multiplication is rounded 
to integer values in step 1007. The rounded values are then 
added to x2 in step 1008. Thus, the intermediate signal Zl 
ful?ls the equation 

Z1=lK3'x1J+x2 (56) 

Where [e] denotes rounding operation. 

[0127] Since the other four lifting stages 1002, 1003, 
1004, 1005 of the transforming element illustrated in FIG. 
10, Which correspond to the matrices T2, S, R2 and R1 
respectively, have identical structures as the ?rst lifting stage 
1001, their explanation is omitted. It only has to be noted 
that in the adding step 1009 of the second lifting step 1002, 
X1 is, according to the de?nition of T2, multiplied With DN/Z. 

[0128] In the folloWing, the lifting stages of the transform 
ing element of the reverse transformation are explained With 
reference to FIG. 11. 

[0129] FIG. 11 illustrates the lifting stages of the trans 
forming element for the reverse transformation of the trans 
formation illustrated in FIG. 10. 

[0130] In FIG. 11, the input of the ?rst lifting stage are the 
tWo blocks of the digital signal yl and y2, Z1, Z2 and Z3 are 
intermediate signals and x1 and x2 are output signals corre 
sponding to the ?rst and second block of the digital signal, 
respectively. 

[0131] The last lifting stage 1105 illustrated in FIG. 11 is 
inverse to the ?rst lifting stage 1001 illustrated in FIG. 10. 
So, in the ?rst step 1106 of the last lifting stage 1105, X1 is 
multiplied by K3. The result of this multiplication is rounded 
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to integer values in step 1107. The rounded values are then 
subtracted from Zl in step 1108. Thus, the signal x2 ful?ls the 
equation 

Where denotes rounding operation. 

[0132] Since the other four lifting stages 1101, 1102, 1103, 
1104 of the transforming element illustrated in FIG. 11, 
Which are inverse to the lifting stages 1005, 1004, 1003 and 
1002 respectively, have identical structures as the last lifting 
stage 1105, their explanation is omitted. It only has to be 
noted that after the adding step 1109 of the fourth lifting step 
1104, the result of the adding step 1109 is multiplied With 
DN/2 to produce x1. 

[0133] It can be seen that the lifting stages 1105, 1104, 
1103, 1102 and 1101 of FIG. 11 are inverse to the lifting 
stages 1001 to 1005 of FIG. 10, respectively. Since also the 
permutation of the input signal corresponding to the matrix 
PN can be reversed and an according data shuf?ing stage is 
comprised by the inverse transforming element, the Whole 
provided method is reversible, thus, if used in the lossless 
image encoder 903 and the lossless image decoder 905 
illustrated in FIG. 9, providing a method and an apparatus 
for lossless image coding. 

[0134] Although in the explained embodiments, the 
embodiments of the method according to the invention for 
DCT-IV Were used for audio coding and the embodiment of 
the method according to the invention for DWT-IV Was used 
for image coding, the embodiments of the method according 
to the invention for DCT-IV can as Well be used for image 
coding, the embodiment of the method according to the 
invention for DWT-IV can as Well be used audio coding and 
all can be used as Well for the coding of other digital signals, 
such as video signals. 

[0135] Considering the equations (34) and (35) one sees 
that there are N/2 roundings in each lifting stage. Therefore, 
considering equation (26), one sees that the total rounding 
number for the transforming element for the embodiment of 
the DCT-IV algorithm illustrated in FIGS. 7 and 8 according 
to the invention is ?ve times N/2, that is 2.5N, Which is 
signi?cantly loWer than N log2N according to the state of the 
art. 

[0136] Again considering equation (29), one sees that the 
majority of computation poWer is used in the four N/2 point 
DCT-IV subroutines corresponding to a multiplication With 
CN/ZIV, When N is a large value, eg N=l024. Because the 
?oating-point DCT-IV can be calculated using tWo half 
length DCT-IV plus pre- and post-rotations, the arithmetic 
complexity of the proposed integer DCT-IV is roughly 
estimated to be tWice that of the ?oating-point DCT-IV. 

[0137] A similar conclusion can be draWn for the integer 
DWT-IV transformation function. 

[0138] In the folloWing, a further embodiment of the 
method for the transformation of a digital signal from the 
time domain to the frequency domain and vice versa accord 
ing to the invention is explained. 

[0139] In this embodiment of the present invention, the 
domain transformation is a DCT transform, Whereby the 
block siZe N is some integer and Where the input vector 
comprises tWo sub-vectors. 
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[0140] Let CNII be the N><N transform matrix of DCT (also 
called Type-ll DCT): 

Elk [(+10] (58) N_ W mcos n 5W 

mn=0l ,N-l 

Where: 

1 , (59) 
— 1f m=O 

km: ‘E 
1 if miO 

and _N is the transform siZe Which can be a power of tWo, 
N=2 in one embodiment and i is an integer greater than zero. 
In and n are matrix indices. 

[0141] Let CNIV be the N><N transform matrix of type-IV 
DCT, as already de?ned above: 

d”. : Hmqw 210+ 21%)] 
(60) 

[0142] As above, a plurality of lifting matrices Will be 
used, Which lifting matrices are in this embodiment 2N><2N 
matrices of the folloWing form: 

iIN AN] (61) L : 2” [0N iIN 

Where IN is the N><N identity matrix, ON is the N><N Zero 
matrix, AN is an arbitrary N><N matrix. 

[0143] For each lifting matrix LZN, a lifting stage revers 
ible integer to integer mapping is realiZed in the same Way 
as the 2x2 lifting step described in the incorporated refer 
ence “Factoring Wavlet Transforms into Lifting Steps,”Tech. 
Report, I. Daubechies and W. SWeldens, Bell Laboratories, 
Lucent Technologies, 1996. The only difference is that 
rounding is applied to a vector instead of a single variable. 

[0144] In the above description of the other embodiments, 
it Was already detailed hoW a lifting stage is realiZed for a 
lifting matrix, so the explanation of the lifting stages cor 
responding to the lifting matrices Will be omitted in the 
folloWing. 

[0145] One sees that the transposition of LZN, LZNT is also 
a lifting matrix. 

[0146] In this embodiment, the transforming element cor 
responds to a matrix, T2N Which is de?ned as a 2N><2N 
matrix in the folloWing Way: 

(62) 
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[0147] The decomposition of the matrix T2N into lifting 
matrices has the folloWing form: 

T2N=P3-L8-L7-L6-P2-L5-L4-L3-L2-L1-P1 (63) 
[0148] The matrices constituting the right hand side of the 
above equation Will be explained in the folloWing. 

[0149] P1 is a ?rst permutation matrix given by the 
equation 

0 D 64 
P12] N N] 1) 

Where JN is the N><N counter index matrix given by 

0001 (65) 

0010 

J”=0.-'00 
1000 

and DN is a N><N diagonal matrix With diagonal element 
being 1 and —l alternatively: 

10000 (66) 

0-1000 

DN=00100 
000-.0 

0000-1 

[0150] P2 is a second permutation matrix, an example of 
Which is generated by the folloWing MATLAB script: 

0151 As an exam le, When N is 4, P2 is a 8x8 matrix P 
given as 

(67) 

P2: forN=4 OOOOOOOH OOOOHOOO COOP-CD000 b-‘OOOOOOO OOOOOO>—-O OOOOOHOO 00>-00000 (DP-000000 














